The paper proposes a digital watermarking algorithm for audio copyright protection combined characteristics of singular value decomposition (SVD) and discrete cosine transform (DCT) 
Introduction
The rapid growth of the Internet technology increases the access to multimedia data tremendously. The development of digital multimedia is demanding as an urgent need for protect multimedia data in internet. More and more researchers are interested in the digital watermarking technique which is a tool of copyright protection for digital data. Recent years, the researchers have got great progress for the watermarking technique, but few researcher focuses on the audio watermarking. Watermarking can be performed in the spatial or transform domain. Spatial domain methods are less complex but are not as robust as transform domain methods against various attacks. So the researchers mostly concentrate in the transform domain watermarking scheme. The transform domain of audio watermarking algorithm embedded process and extracting process is more complex, but it can not only enhance imperceptibility, but also can improve the robustness of watermarking compared to the spatial domain methods. The transform domain methods of audio watermarking algorithm include discrete cosine transform (DCT), discrete Fourier transform (DFT), discrete wavelet transform (DWT) and so on. The singular value decomposition (SVD) provides a good candidate for extracting algebraic feature from digital data, especially the image. The main properties of SVD matrix of an image can be exploited in image watermarking. The SVD matrix of an image has good stability. When a small perturbation is added to an image, large variation of its SVD does not occur. Using this property of the SVD matrix of an image, the watermark can be embedded to this matrix without large variation in the obtained image. In recent years, scholars have also applied SVD technique to the audio watermarking Robustness and transparency are the basic requirements for the audio watermarking system, and they are contradictory. The transparency is a key for the user because the transparency will influence the audio quality. In general, audio signal quality with the different hearing embedding strength is different, and the different position of watermark will influence the audio quality [3] . This paper proposes an audio watermarking algorithm based on DCT and SVD, which embed the watermark in DCT coefficients using the characteristics of DCT and SVD. The algorithm has good transparency when the watermark embedding strength is 0.2, and PSNR value is also high. At the same time, the proposed watermarking algorithm has strong robustness against several kinds of attacks such as noise addition, re-sampling, re-quantization, MP3 compression and so on [7] [8] .
Related Works

Discrete Cosine Transform
Discrete Cosine Transform is a related transformation of the Fourier transform. It is similar to the discrete Fourier transform, but only real numbers are involved in the DCT.
A DCT transform can be treated as a DFT transform whose length is roughly twice of the DCT transform, the discrete Fourier transform is carried on a real dual function (a real dual function is still a real dual function after the Fourier transform), the input or output of some transform need to be shifted by half unit. The Fourier transform of any continuous real symmetric function contains only cosine items, so the DCT has the same clear physical meaning as the DFT.
DCT transform is a good performance of orthogonal transformation, it has the following characteristics:
(1) the DCT coefficients showed the audio file distribution characteristics and not hearing characteristics.
(2) Concentration of energy. The total energy of audio signal in the DCT transform is same between before and after. The energy of audio signal is concentrate in the low frequency coefficient of DCT. Therefore, only small low-frequency coefficients can represent the most of energy of signal.
(3) Stability. The DCT coefficients are basically same between the original audio signal and the interference audio signal. At the same time, the audio have no big charge for small charge of the DCT coefficients.
The watermarked audio signal have no distortion using above characteristic of DCT, and have strong robust at the same time.
We use the 1-dimesional DCT for the audio signal in general. Now we give the definition of DCT. 1-dimesional discrete cosine transform defined as following:
Singular Value Decomposition
Singular Value Decomposition (SVD) is a numerical technique for diagonalizing matrices in which the transformed domain consists of basis states that is optimal in some sense, which can apply in statistical analysis, signal processing, image processing, system theory and control.
The SVD of an m×n matrix A is defined by the operation:  specifies the luminance of a data layer while the corresponding pair of singular vectors specifies the geometry of the data layer. S has the characteristics of strong stability, so it can resist against most of audio signal attacks [9] [10] .
Watermarking Scheme
Watermark Image Preprocessing
Step 1: the watermark information is a binary image
Step 2: Because the audio signal is one-dimensional and watermarking
The watermarking should be reduced into one-dimensional signal:
Watermarking Embedding Algorithm
The watermarking embedding algorithm is as follows:
Step 1: Let an audio be segmented into blocks, which includes 256 samples. Each block can be converted into a 16×16 matrix, which is decomposed on discrete cosine transform (DCT), and can get a matrix i Y .
Step 2: The 16×16 matrix i Y is divided into four quadrants using Zig-Zag mapping, and the size of each quadrant is 8×8. As shown in figure 1.
Figure 1: Zig-Zag transform
Step 3: The singular value decomposition is applied to each quadrant, then can get a diagonal matrix S with 8×8.
Step 4: The first elements of diagonal matrix S is embedded one bit watermarking information. The embedded equation is:
where  is embedded strength and w is the watermark.
Step 5: Inverse singular value decomposition is applied to the modified diagonal matrix, and gets a matrix ' Z . We can get the 8×8 DCT block after we are applied inverse Zig-Zag mapping for ' Z .
Step 6: We can get 16×16 matrix i Yw from 8×8 DCT block in 4 quadrants. Then the inverse discrete cosine transform is applied to i Yw , and gets the block with watermarking.
Step 7: We can get the watermarked audio after all blocks are embedded with watermarking information.
Watermarking Extraction Algorithm
The watermark extraction algorithm is as follows:
Step 1: Y is the original audio signal and Yw is the watermarked audio signal.
Step 2: Let the watermarked audio Yw be segmented into blocks, which includes 256 samples. Each block can be converted into a 16×16 matrix, which is decomposed on discrete cosine transform (DCT), and can get a matrix i Yw .
Step 3: Let the original audio Y be segmented into blocks, which includes 256 samples. Each block can be converted into a 16×16 matrix, which is decomposed on discrete cosine transform (DCT), and can get a matrix i Y .
Step 4: The 16×16 matrixes i Y and i Yw are divided into four quadrants using Zig-Zag mapping respectively, and the size of each quadrant is 8×8.
Step 5: The singular value decomposition is applied to each quadrant, then can get two diagonal matrixes S and Sw with 8×8.
Step 6: We can get the watermark information through comparing the first elements of diagonal matrix S and Sw. The watermark information is 1 if
watermark information is 0, where 0.5 is the watermarking extraction parameter.
Step 7: We can get the binary image according to the extracted watermark.
Experiments and Performance Analysis
In order to test the robustness and transparency of our watermark algorithm, we choose three different types of 16 bits mono audio signals sampled at 44.1 KHz, including Pop, speech and classic.
Transparency Experiment
We evaluate the transparency of our audio watermarking algorithm through two methods. The first method is compare the waveform figure between the original audio and watermarked audio signal. Figure 2 shows the waveform figure of the original audio signal and watermarked audio signal of classic, which the strength of the watermark were 0.1, 0.2 respectively. We can conclude there is almost no difference between original audio signal and watermarked audio signal from figure 2.
The second method: evaluate the algorithm according to the user's subjective evaluation. The embedded watermark algorithm does not affect the hearing audio quality for a successful audio watermarking algorithm. In the experiment, we choose 10 professional testers for audio signal quality, who score the watermarked audio signal for 5 difference level. We choose the average score as the watermarked audio signal quality evaluation result [11] [12] . Subjective evaluation directly reflects the feelings of audio quality, and it's accurate. Obviously, there is almost no difference between the original audio signal and watermarked audio signal when the evaluation score is 5 points or close to 5 points.
In the experiment, we embed the watermark in the original audio using different kinds of sounds (include classic and pop) and different embedded strength 0.1 and 0.2 respectively. Then we choose 10 professional testers score for the watermarked audio signal, and get a MOS value, as table 1. 
Robust Experiment
A Digital Watermarking Algorithm Based on DCT-SVD for Audio Copyright Protection Haicheng Li, Fucheng You, Hong Su, Kun Han, Dacheng Zhang
In order to test the robustness of the proposed zero-watermark algorithm, we choose the classic music audio of 16 bits mono audio signals sampled at 44.1 KHz.
The extracted watermark must be same with the original watermark if there is no any attack In other words, the normalized coefficient (NC) should be 1. Fig.3 shows the original watermark and extracted watermark without any attack.
Figure. 3. The original watermark and extracted watermark without any attack
In order to test the robust of the proposed watermarking algorithm, including the audio signal watermark several attacks, several kinds of attacks is applied the watermarked audio signal, such as:
· noise addition: 20 dB additive white Gaussian noise (AWGN) is added to the watermarked audio signal. · Re-sampling: The watermarked signal originally sampled at 44.1kHz is re-sampled at 22.050kHz, and then restored by sampling again at 44.1 kHz. · Low-pass filtering: 11.025kKz for the low-pass filter cutoff frequency. · Re-quantization: the 16 bit watermarked audio signal is quantized down to 8 bits/sample and again re-quantized back to 16 bits/sample. · MP3 compression: MPEG-1 layer 3 compression with 64 kbps is applied to the watermarked signal. · MP3 compression: MPEG-1 layer 3 compression with 32 kbps is applied to the watermarked signal. · MP3 compression: MPEG-1 layer 3 compression with 128 kbps is applied to the watermarked signal. · Replace Then extract the watermark from the attacked audio signal, and compute the normalized coefficient (NC) and bit error rate (BER). The obtained result is as shown in table 2. We can easily get the conclusion that the proposed algorithm can resist against Echo, and the NC is bigger than 0.8, and the watermark image from the visual effect can look very clear. 
Conclusion
This paper proposes an audio watermarking algorithm based on DCT and SVD. The audio are split into blocks, and each block are decomposed on discrete cosine transform (DCT), then the DCT coefficients are decomposed on singular value decomposition (SVD) transform and embedded the watermark information into the first element of diagonal matrix. Simulation results show that the peak signal-to-noise ratio (PSNR) has high peak when the embedding strength is 0.1 and 0.2 respectively, and the proposed algorithm has better transparency. At the same time, the algorithm can resist against common audio signal attacks, such as re-sampling, echo, noise and so on. The problem of the problem is that need the original audio signal when extract the watermark, so it's not a blind watermarking algorithm. 
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